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Description 

[0001 1 The invention relates to a combination of a microphone and an A/D (analog-to-digital) converter circuit. Such 
a combination is used in, inter alia, hearing aids and mobile telephone sets. 

5 [0002] In particular, the invention relates to a combination of a microphone requiring a bias signal generated exter- 
nally, iike an electret microphone and an A/D converter circuit. Electret microphones are ideally suited for portable 
devices, particularly owing to their fidelity and their small size and weight. For their operation electret microphones 
require the supply of an externally generated bias signal. Usually, electret microphones are packed with a JFET in a 
single housing. Such a device is disclosed by US 5 978 491 A. 

10 [0003] To make use of the generally attractive properties of an electret microphone this requires the external gener- 
ation of a bias current and the supply of this current to an electret microphone. 

[0004] Czychewski A et al. "A method for spectral transposition of speech signal applicable in profound hearing loss", 
1997 IEEE ASSP Workshop, discloses an electret microphone followed by a sigma-delta analog-to-digital converter. 
[0005] International Patent Application WO- A-96/1 7493 discloses a combination of a microphone requiring an ex- 
IS temally generated bias signal and an A/D converter circuit, having its input connected to the output of the microphone, 
to convert the AC signal generated by the microphone into a digital signal at its output. 

[0006] Although said document does not disclose the circuits needed to supply the bias cun-ent to the microphone, 
it is known to use a separate circuit for this purpose. Figurel shows such a prior-art circuit. This circuit uses four external 
components: two resistors and two capacitors. These are circuit elements which cannot easily be incorporated into an 

20 integrated circuit. Furthermore, it is complicated to accurately control the values of these elements. 

[0007] The aim of the invention is to provide a combination which precludes the disadvantages of the prior-art. 
[00O8] This aim Is reached in that the A/D converter is operable to supply a bias signal to the microphone. 
[0009] This feature eliminates thei separate supply and the four extra components required for connecting the power 
supply to the microphone. Moreover, this eliminates the need for an extra pin for power supply of the microphone. 

25 [0010] According to a first preferred embodiment the A/D converter is a LA converter comprising a loop filter, a 
sampler, a first feedback circuit for AC signals, including a first D/A converter, and a second feedback circuit for DC 
signals, including a second D/A converter, the bias signal for the microphone being derived from the second feedback 
circuit, and the first and the second feedback circuit are both being coupled to an input of the loop fitter. 
[0011] Obviously, this embodiment has the well-known advantages of a TA modulator, such as simplicity and:low 

30 requirements on the accuracy of the components. Usually, the loop filter takes the fomn of an integrator 

[0012] However, apart from these advantages, it appears that a IS modulator is also advantageous for the supply 
of a bias to a microphone: This is because an A/D converter using a llA modulator includes a feedback circuit. The 
feed-back circuit is needed for the feedback of the AC output signal of the ZA modulator, but also for feedback of the 
DC output signal of the modulator. In the prior-art the feedback DC signal is used for compensation of any DC offset 

35 on the input of the modulator. However, the presence of such a DC feedback loop offers the possibility of supplying 
power to an extra power consumer, like a microphone. Of course, the feedback loop should be dimensioned to supply 
the required direct current to the microphone. 

[0013] Another advantage of this configuration is that no extra connections between the ZA modulator and the mi- 
crophone are needed; for the power supply the same two connections can be used as for the AC signal. 
40 [0014] Furthermore, it is noted that the microphone delivers a signal as a current. The resistors of the external circuit 
convert this signal into a voltage. The ZA modulator uses an integrator circuit with a capacitor, which means that the 
signal has to be reconverted into a cunrent in order to be integrated by the capacitor. This is an inefficient way to treat 
a signal, requiring many components, and leading to the addition of noise generated in these components. The present 
embodiment precludes these disadvantages. 
45 [0015] In a further preferred embodiment, the second feedback circuit includes a low-pass filter having a cut-off 
frequency lower than the lowest signal frequency of the A/D converter. This feature allows a proper separation between 
the AC feedback loop and the DC feedback loop, so that both loops can be optimized for their respective purposes. 
[0016] This optimization Is used in the situation wherein, according to another embodiment, the gain of the second 
feedback loop, which comprises the loop filter, the sampler and the second feedback circuit, is several orders of mag- 
so riitude higher than unity. In this configuration the purpose of the higher loop gain of the DC loop is to obtain an adequate 
supply current to the microphone, so as to allow It to operate correctly, while the task of compensating for offset at the 
input of the £A modulator is maintained. 

[0017] According to another advantageous embodiment the low pass filter is a digital filter and is included in the 
second feedback circuit before the second D/A converter. A digital fitter is better suited for integration in an integrated 
55 circuit because It precludes the problems arising with capacitors, resistors and inductances needed in an analog filter, 
when these components have to be integrated in an integrated circuit. 

[0018] In another preferred embodiment the first and the second feed back circuit are combined to a united feedback 
circuit including a single D/A (digital-to-analog) converter, having its input connected to a low pass filter, and a bypass 
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circuit which bypasses the low-pass filter This circuit eliminates the need for a second D/A converter 
[0019] In a further prefen-ed embodiment the integrator comprises a bridge circuit, whose branches include current 
sources, which bridge circuit has a first pair of opposite junctions connected to a power supply, and has a second pair 
of opposite junctions connected to one another by a capacitor and the microphone, the junctions of said second pair 
5 each being connected to the inputs of the sampler circuit, and a pair of opposite current sources being controlled by 
the output signal of the feedback circuit. This configuration is very suitable for integration into a single chip because 
most elements can be realized as semiconductor devices. 

[0020] The present invention now will be elucidated with reference to the accompanying drawings, in which: 

10 Figure 1 is a diagram of a prior-art circuit for biasing an electret microphone; 

Figure 2 is a diagram of a prior-art lA modulator; 

Figure 3 is a diagram of a ZA modulator used in a first embodiment of the present invention; 
Figure 4 is a diagram of the lA modulator shown in Figure 3. the integrating circuit being shown in greater detail; and 
Figure 5 is a diagram of a modulator which is similar to that in Figure 4 but in which the D/A converter in the feed- 
15 back loop has been combined for AC and DC signals. 

[0021] Applications with a speech input, such as mobile telephones and hearing aids, often use electret capacitor 
microphones. It is common pratice to include a JFET in the housing of such an electret microphone. The JFET has its 
gate connected to one of the terminals of the mfcrophone and has its drain connected to the other temnmal of the 
20 microphone. Further, a bias resistor incorporated in the same housing is connected in parallel with the microphone. 
The JFET is a depletk>n device, which means that it delivers a direct current if its gate-source voltage V^g = OV. To 
obtain an output signal representing the variations of the air pressure in its vicinity, the combination of electret micro- 
phone and JFET requires a bias current. 

[0022] Figure 1 shows a diagram of a common prior-art circuit for supplying such a bias current to the combination 
25 of a microphone 1 , a bias resistor R^ias ^"^1 a JFET (junction field effect transistor) 2, located within a housing 3. This 
circuit comprises two external resistors and R2 for supplying the bias cunrent from the power supply. V^c. and two 
capacitors C-j and , for coupling the signal to the inputs of a subsequent circuit, such as an amplifier, not shown. 
[0023] Usually, the DC bias current is about 1 0 to 50 times as large as the actual AC signal current The bias resistor 
f^BiAS biases the gate of the JFET so as to achieve that its gate-source voltage V^g = 0 V. tn a typical application the 
30 . combination of JFET and microphone delivers a current of 300 pA, which is converted into a voltage by the resistors 
R^ and R2- In a substantial number of cases the subsequent circuit comprises an integrator with a capacitor, in that 
case a voltage signal has to be converted back into a current signal in order to be integrated tTy the capacitor of the 
integrator Consequently, two opposite conversions are needed in this prior-art circuit. 

[0024] According to the invention, a circuit Is proposed, in which these conversions are eliminated and in which the 

35 microphone, together with the JFET, receives its bias from the subsequent circuit. 

[0025] In order to achieve this, said subsequent circuit should include a feedback circuit. This feedback circuit is 
used to supply the bias current. Such a feedback circuit is present in ZA modulators, which are very well suited for 
processing the signal output of the microphone, in particular for A/D-conversion (analog-to-digital conversion) thereof. 
It is. however, conceivable that other types off circuits may be used with the present invention. 

40 [0026] Figure 2 shows a diagram of a ZA modulator 4. The SA modulator 4 comprises a filter G1 , a sampling device, 
which samples at a rate of m.fs, wherein fs is the Nyquist sampling rate and m is the oversampling factor, and a 
quantizer circuit 5. Generally, the filter may be digital or analog, but in the present application the filter is analog. The 
output signal of the quantizer drcurt 5 is fed back through a D/A (digital-to-analog) converter 6 and added to the output 
of the combination of the microphone 1 and the JFET 2, the resulting added signals being fed to the input of the filter 

45 G1 . Such a circuit is known per se from the prior-art. 

[0027] Figure 3 shows a diagram of a circuit used in an embodiment of the invention. This circuit comprises a feedback 
loop, which is separated in a feed-back loop for AC signals, including a D/A converter 7, and a feedback loop for DC 
signals including a D/A converter B. In this respect it is to be noted that in the present context slowly varying signals 
are also regarded as DC signals. 

50 [0028] To separate the DC signals from the AC signal, a filter G2 is used. This filter G2 Is included in the DC feedback 
loop. As the filter G2 is located before the D/A converter 8, a digital filter has to be used. The cut-off frequency of the 
DC filter must be lower than the lowest signal frequency. In telephony applications the signal bandwidth is 300-3400 
Hz, so that the cut-off frequency should be lower than 300 Hz. 

[0029] In this circuit the output of the DC feedback loop. i.e. the output of the D/A converter 8. is applied to the 
55 combination of a microphone 1 and JFET 2 as the bias. Of course, the bias supplied by the DC feedback loop causes 
a DC offset in the output signal of the TA modulator To minimize this offset the loop gain of the DC feed-back loop 
should be high. 

[0030] The circuit further includes the feedback loop for the AC signals. This feedback loop includes the D/A converter 
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7. This loop is used for the normal operation of the lA modulator. 

[0031] An example of a first order ZA modulator is shown in Figure 4. Itcomprises an integrator 9, a sampler/quantizer 
5, and separate feedback paths for DC and AC signals. A higher order can be obtained by increasing the order of the 
continuous-time loop filter, for example using Gm-C integrators. The AC loop with the AC-D/A converter 7 is a lA 
5 modulator where the Input current and feedback current are subtracted at the sources of FETs and Mg. The feedback 
current 1^^ can be positive or negative, depending on the output bitstream code of the modulator 
[0032] The DC loop provides feedback only for very low-frequency or DC signals. The bandwidth of the DC loop is 
determined by filter 02(2). 

[0033] The common-mode output voltage of the differential Integrator is controlled using a common-mode amplifier 
10 fi<coM controlled current sources Icomi 'com2- *s assumed here, for simplicity, that this common-mode voltage 
is correct for Icomi ='com2=*^' case, if the microphone current l|y„c contains a DC component and a signal 

component /^^a;. 
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where 8v{fAc) denotes the average value of switching current source l^c- The separation in the feedback loop 
between AC and DC signals forces 

/o='oc-'r (2) 

fsignar=^'^OAc) (3) 

[0034] The output of the modulator is a voltage, and the D/A converters 7 and 8 provide an output current. It is 
assumed that the voltage-to-current conversion of the AC-D/A converter 7 has a transconductance g^jKC^ and the 
DC-D/A converters has a transconductance gm.oc- quantizer is, as is usual in ZA modulators, modeled by a gain 
c and an additive noise source N. Furthemr>ore. the loop filter of the ZA modulator, which is of the first order in the 
above example, has a transfer function Gi(s). For simplicity, for low frequencies the effect of the hold function in the 
D/A converters can be neglected, and the transfer function of GgCz) together with the hold function is assumed to be 
the continuous-time transfer function G2(s). In the frequency domain, the output signal Y of the ZA modulator is: 

cG^ 1 

For frequencies within and below the signal band. i.e. for frequencies much lower than the oversampling frequency. 
mf^ cGi(9n^Dcfi'z^9m,Ac) Moreover, for signals within the bandwidth of the DC filter 9m,Dcfi^^9mAC • ®° ^^^^ 

^oc = a — ^Mic + 73; — ^ a a ^ 

[0035] For frequencies within the signal band of the LA modulator, i.e. above the cut-off frequency of the DC path, 
but still much lower than mf^, 9m,DC^2^^m.AC » ®o that 

9mAC ^m.AC^^ ; 

When equations (5) and (6) are combined and it is assumed that the microphone current /yj^^^^consists of DC component 
Iq and AC component isignai » output signal Y is: 

y= ^^Fc- /o + — L,r^„t + ^—7=^ N (7) 
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The noise term in equation (5) is much smaller than the noise term in equation (6), and is therefore neglected. 
[0036] Equation (7) shows the offset component in the output signal, which should be suppressed by an adequate 
gain in the DC path. The cut-off frequency of the DC path is the frequency for which gm.oc^^m^ 
[0037] This technique requires only two IC pins and no external components. Compared to Figure 1 , an IC pin and 

5 4 components are saved. Furthermore, this configuration can operate at a very low supply voltage, because the path 
from the positive supply voltage Vqq to the negative suppty voltage V33 contains two current sources and a transistor. 
This requires three times a drain-to-source voltage, which may be as low as 0.4 V. Of course, some signal swing is 
required at the output nodes (the drains of transistors and M2 in Figure 4). Moreover, the gates of transistors 
and Mg must be properly biased. This means that the lower limit of the supply voltage is about 0.7 V. 

10 [0038] Figure 5 shows another embodiment using only one D/A converter in the feedback loop. This is achieved by 
adding the AC and the DC feedback signals in the digital domain, just before the DAC^jSam a^^ is needed for the 

appropriate scaling of the AC signal with respect to the DC signal, and is equivalent to-^^^^;^ in the above example. 

[0039] It will be clear that many variants to the embodiments of the invention describ^(i)C(ta>ve are possible without 
deviating from the scope of the invention, as defined in the appended claims. 

15 

Claims 

1. A combination of a microphone (3) requiring a bias signal and an analog-to-dtgital converter having an input con- 
20 nected to an output of the cnlcrophone, to convert a signal generated by the microphone into a digital signal at an 

output of the analog-to-digiteU converter, characterized In that the analog-to-digital converter is operable to supply 
a bias signal to the microphone. 

2. A combination as claimed in claim 1, characterized In that the analog-to-digital converter is a sigma-detta con- 
25 verter (4) comprising a loop filter (9), a sampler (5); a first feed-back circuit for AC signals, including a first digital- 
to-analog converter (7), and a second feedback circuit for DC signals, including a second digital -to- analog converter 
(8), the bias signal for the mrcrophone being derived from the second feed-back circuit, and the first and the second 
feedback circuit both being coupled to an input of the loop filter (9). 

30 3, A combination as claimed in claim 2, characterized In that the second feedrback circuit indudes a low pass filter 
(LPF) having a cut-off frequency lower than the lowest signal frequency of the analog-to-digital converter. 

4. A combination as claimed in claim 2 or 3, characterized In that the gain of the second feed-back loop, which 
comprises the loop filter (9), the sampler (5) and the second feed-back circuit, is several orders of magnitude higher 

35 than unity. 

5. A combination as claimed in claim 3 or 4, characterized In that the low pass fitter is a digital fitter (LPF) and is 
included in the second feed-back circuit before the second digital-to-analog converter (8). 

40 6. A combination as claimed in claim 5, characterized In that the first and the second feed-back circuit are combined 
to a united feed-back circuit including a single digital-to-analog converter, having an input connected to a low-pass 
filter, and a bypass circurt whteh bypasses the low-pass filter. 

7. A connbination as claimed in claim 2. characterized In that the loop filter (9) is an integrator comprising a bridge 
4S circuit, whose branches include cun-ent sources, which bridge circuit has a first pair of opposite junctions connected 

to a power supply (Voo» ^55) ^ second pair of opposite junctions connected to one another by a capacitor 

(C^) and the microphone (3), the junctions of said second pair each being connected to the inputs of the sampler 
circuit (5), and a pair of opposite cun-ent sources being controlled by the output signal (Iac»'dc) the feedback 
circuit. 

50 

8. A combination as claimed in claim 7, characterized In that the integrator comprises a common mode amplifier 
having an output for driving control inputs of controllable current sources (1comi> 'com2) connected between the 
inputs of the sampler circuit (5) and one of the power supply lines. 

55 

Patentansprtiche 

1 . Kombination aus einem Mikrophon (3). der ein Vorspannungssignal braucht, und einem Analog-Digital-Wandler, 
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dessen Eingang mit einem Ausgang des Mikrophons verbunden ist, zum Umwandein eines von dem Mikrophon 
erzeugten Signals in ein digitales Signal an einem Ausgang des Analog-Digital-Wandlers, dadurch gekennzelch- 
net, dass der Analog-Digital-Wandler dem Mikrophon ein Vorspannungssignal iiefert. 

5 2. Kombination nach Anspruch 1, dadurch gekennzeichnet, dass der Analog-Digital-Wandler ein Sigma-Delta- 
Wandler (4) ist mit einem Schleifenfilter (9), einem Abtaster (5), einer ersten Ruckl<opplungsschaltung fur AC-Si- 
gnale, mit einem ersten DIgital-Analog-Wandler (7) und einer zweiten Ruckkopplungsschaltung fur DC-Signale, 
mit einem zweiten Digital-Anaiog-Wandier (8), wobel das Vorspannungssignal fur das Mikrophon von der zweiten 
Ruckkopplungsschaltung hergeleitet wird, und wobei die erste und die zweite Ruckkopplungsschaltung beide mit 

10 einem Eingang des Schleifenf liters (9) gekoppelt sind. 

3. Kombination nach Anspruch 2. dadurch gekennzeichnet, dass die zweite Ruckkopplungsschaltung ein Tief- 
passfilter (LPF) aufweist, dessen Grenzfrequenz niedriger istals die niedrigste Signalfrequenz des Analog-Dtgrtal- 
Wandlers. 

15 

4. Kombination nach Anspruch 2 Oder 3, dadurch gekennzeichnet, dass die Verstarkung der zweiten Ruckkopp- 
lungsschleife, die das Schleifenfifter (9), den Abtaster (5) und die zweite Ruckkopplungsschaltung enthsilt. urn 
viele GroBenordnungen hoher ist als eins. 

20 5, Kombination nach Anspruch 3 oder 4, dadurch gekennzeichnet, dass das Tiefpassfilter (LPF) ein digitales Filter 
ist und in der zweiten Ruckkopplungsschaltung vor dem zweiten DigitaNAnalog-Wandier (8) vorgesehen ist. 

6. Kombination nach Anspmch 5, dadurch gekennzeichnet, dass die erste und die zweite Ruckkopplungsschaltung 
zu einer vereinigten Ruckkopplungsschaltung kombiniertsind. die einen einzigen Digital-Analog-Wandler, von dem 

25 ein Eingang mit dem Tiefpassfilter gekoppelt ist, und eine Umgehungsschaltung aufweist, die das Tiefpassfilter 

umgeht. 

7. Kombination nach Anspruch 2, dadurch gekennzeichnet, dass das Schleifenfilter (9) ein Integrator ist, der ein 
Bruckenschaltung aufweist, deren Zweige Stromquelle aufweisen, wobei diese Bruckenschattung ein erstes Paar 

30 entgegengesetzter Knotenpunkte hat, die mit einer Speiseschattung (Vqq, V33) verbunden sind, und ein zweites 

Paar entgegengesetzter Knotenpunkte hat die mit einander verbunden sind, und zwar durch elnen Kondensator 
(C1) und das Mikrophon (3), wobei die Knotenpunkte des genannten Paares mit je einem Eingang der Abtast- 
schaltung (5) verbunden sind und wobei ein Paar entgegengesetzter Stromquellen durch das Ausgangssignal 
CaC' 'dc) Ruckkopplungsschaltung gesteuert wird. 

35 

8. Kombination nach Anspruch 7. dadurch gekennzeichnet, dass der Integrator einen Gleichtaktverstarker mit ei- 
nem Ausgang zum Betretben von Steuerelngangen von steuerbaren Stromquellen (Iqomi* 'coMa) aufweist, die 
zwischen den Eingangen der Abtastschaltung (5) und einer der Speiseleitungen vorgesehen sind. 

Revendicattons 

1. Combinaison d'un microphone (3) requ^rant un signal de polarisation et d'un circuit converttsseur analogique- 
numerique ayant une entree connect^e a une sortie du microphone pour convertir un signal qui estg6ner6 par le 

4s microphone en un signal numdrique d I'endroit d'une sortie du convertisseur analogique-num^rique, caracterlsee 

en ce que le convertisseur analoglque-numerique est praticabfe de mani&re ^ foumir un signal de polarisation au 
microphone. 

2. Combinaison selon la revendicatlon 1 , caracterlsee en ce que le convertisseur analogique-num^rique est un 
50 convertisseur sigma-delta (14) comprenant un filtre bouc!6 (9), un 6chantillonneur (5), un premier circuit de reaction 

pour des signaux de courant aiternatif incorporant un premier convertisseur num6rique-analogique (7) et un second 
circuit de reaction pour des signaux de courant continu incorporant un second convertisseur num^rique-analogique 
(8), le signal de polarisation pour le microphone 6tant d^riv^ du second circuit de reaction, et le premier et le 
second circuit de reaction 6tant couples tous les deux k une entr6e du filtre boucl6 (9). 

55 

3. Combinaison selon la revendicatlon 2, caracterlsee en ce que le second circuit de reaction comprend un filtre 
passe-bas (LPF) ayant une frequence de coupure qui est inf^rieure & la plus basse frequence de signal du con- 
vertisseur analogique-num^rique. 
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Combinaison seton la revendication 2 ou 3, caracterisee en ce que \e gain de la seconde boucte de reaction qui 
comprend le fittre boucl6 (9), l'6chantillonneur (5) et le second circuit de reaction est de plusieurs ordres de grandeur 
sup6rieur k runit6. 

Combtnatsoh selon la revendication 3 ou 4, caracterisee en ce que le fittre passe-bas est un ftltre numerique 
(LPF) et est incorpor6 dans le second circuit de reaction devant le second convertisseur num6rique-analogique (8). 

Combinaison selon la revendication 5, caracterisee en ce que le premier et le second circuit de reaction sont 
combines jusqu'& un circuit de r6action r6uni incorporant un convertisseur num6rique-ana!ogique unique ayant 
une entr6e connect6e un fittre passe-bas, et un circuit de derivation qui shunte le f litre passe-bas. 

Combinaison selon la revendication 2, caracterisee en ce que le filtre boucl6 (9) est un int6grateur comprenant 
un circuit en pont dont les branches comprennent des sources de courant. lequel circuit en pont pr§sente une 
premiere paire de jonctions opposees qui sont conncct6es a une alimentation en energia (Vp^, Vgs) pr§sente 
une seconde paire de jonctions opposees qui sont connect6es I'une k Tautre par un condensateur (C,) et le mi- 
crophone (3), les jonctions de ladite seconde paire 6tantconnect6es chacune aux entries du circuit 6chantiIlonneur 
(5) et une paire de sources de courant opposdes ^tant commandoes par le signal de sortie (I^^q, du circuit de 
reaction. 

Combinaison selon la revendication 7. caracterisee en ce que I'intOgrateur comprend un amplificateur en mode 
commun ayant une sortie pour exciter des entries de commando de sources de courEint commandables (Iq^^, 
'coM2) ^^^^ connect§es entre les entries du circuit 6chantilIonneur (5) et une des lignes d'alimentation en 
energie. 
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